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(57)Abstract: 

PROBLEM TO BE SOLVED: To clearly reproduce a fricative and an affricate when voice 
bandwidth is expanded by LPC synthesis. 

SOLUTION: An input voice signal is analyzed by an LPC analytic filter 2 to retrieve the most 
matching autocon*elation as a parameter from a narrow- band code book 6, the parameter 
corresponding to it is outputted from a broadband code book 12, and an LPC synthesizing 
filter 11 performs synthesis. Consequently, the bandwidth of a voice is expanded. An affricate 
detecting circuit 7 detects a fricative and an affricate by using the autocorrelation value of the 
input voice signal and the value of frame power. Once the fricative or affricate is detected, the 
whole or part of the band of an exciting source is boosted. Consequently, a power deficiency 
in case of the fricative or affricate is improved to clearly reproduce the fricative and affricate. 
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CLAIMS 



[Clalm(s)] 

[Claim 1] The sound signal processor carry out having carried out ast have / an affricate detection means detect the fricative and affricate of 
the above-mentioned input sound signal, and a boost means give a boost to the source of excitation when the above-mentioned fricative and 
the affricate are detected ] as the description in the sound signal processor which compounded the sound signal after analyzing an input sound 
signal and performing signal processing to the sound signal by which analysis was carried out [ above-mentioned ]. 

[Claim 2] The above-mentioned affricate detection means is a sound signal processor according to claim 1 which Is what detects a fricative and 

the affricate using the value of the autocorrelation of the above-mentioned input sound signal, and the value of frame power at least. 

[Claim 3] The above-mentioned boost means is a sound signal processor according to claim 1 or 2 which is what changes a boost value to ****. 

[Claim 4] The sound signal art characterized by carrying out as [ boost / all the bands of the source of excitation, or some bands ] when the 
fricative and affricate of the above-mentioned input sound signal are detected and the above-mentioned fricative and the affricate are detected 
in the sound signal art which compounded the sound signal after analyzing the input sound signal and performing signal processing to the 
sound signal by which analysis was carried out [ above-mentioned ]. 

[Claim 5] Detection of the above-mentioned affricate is the sound signal art according to claim 4 which was made to perform using the value of 
the autocorrelation of the above-mentioned Input sound signal, and the value of frame power at least. ^ 
[Claim 6] The sound signal art according to claim 4 or 5 it was made to change the above-mentioned boost value to ****. I 
[Claim 7] An analysis means to ask for a parameter from an input narrow-band sound signal, and the source means forming of excitation which 
asks for the source of excitation from the LPC remainder of the above-mentioned Input narrow-band sound signal, The narrow-band code book 
with which the parameter of the narrow-band sound signal beforehand acquired from the pattern of two or more sound signals was stored, The 
broadband code book with which the parameter of the wideband voice signal beforehand acquired from the pattern of two or more sound 
signals was stored corresponding to the above-mentioned narrow-band code book. An affricate detection means to detect a fricative and the I 
affricate, and a boost means to give a boost to the above-mentioned source of excitation when the above-mentioned fricative and the affricate ] 
are detected, A matching means to compare the parameter of the sound signal of the above-mentioned input narrow-band with the parameter 
of the input narrow-band sound signal stored in the above-mentioned narrow-band code book, and to search the optimal parameter. Based on 
the retrieval result in the above-mentioned matching means, the parameter which corresponds out of the parameter of the wideband voice 
signal stored in the above-mentioned broadband code book is read. Speech bandwidth growth equipment characterized by having the 
parameter by which reading appearance was carried out [ above-mentioned ], and a synthetic means to compound an output wideband voice 
signal based on the above-mentioned source of excitation. 

[Claim 8] The above-mentioned affricate detection means is speech bandwidth growth equipment according to claim 7 which is what detects ^a 1 
fricative and the affricate using the value of the autocorrelation of the above-mentioned Input sound signal, and the value of frame power at 1 | 
least, 

[Claim 9] The above-mentioned boost means is speech bandwidth growth equipment according to claim 7 or 8 which is what changes a boost I 
value to ****. ' 
[Claim 10] The narrow-band code book with which the parameter of the narrow-band sound signal beforehand acquired from the pattern of two 
or more sound signals was stored, The broadband code book with which the parameter of the wideband voice signal beforehand acquired from 
the pattern of two or more sound signals was stored corresponding to the above-mentioned narrow-band code book is prepared. In quest of a 
parameter, analyze from an input narrow-band sound signal, and it asks for the source of excitation from the LPC remainder of the above- 
mentioned input narrow-band sound signal. When a fricative and the affricate are detected and the above-mentioned fricative and the affricate 
are detected, a boost is given to the above-mentioned source of excitation. The parameter of the sound signal of the above-mentioned Input 
narrow-band. The parameter of the input narrow-band sound signal stored in the above-mentioned narrow-band code book is compared. Search 
the optimal parameter and it is based on the retrieval result in the above-mentioned matching. The speech bandwidth escape approach 
characterized by reading the parameter which corresponds out of the parameter of the wideband voice signal stored in the above-mentioned 
broadband code book, and compounding an output wideband voice signal based on the parameter and the above-mentioned source of 
excitation by which reading appearance was carried out [ above-mentioned ]. i 
[Claim 11] The above-mentioned affricate and a fricative are the speech bandwidth escape approach according to claim 10 which is what is I 
detected using the value of the autocorrelation of the above-mentioned input sound signal, and the value of frame power. 
[Claim 12] The speech bandwidth escape approach according to claim 10 or 11 of having made It change the above-mentioned boost value to | 
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DETAILED DESCRIPTION 



[Detailed Description of the Invention] 
[0001] 

[Reld of the Invention] Tills Invention relates to bandwidth growth equipment and an approach by minding transmission lines, such as the 
telephone line, from the sound signal with which the frequency band is restricted to the narrow-band at the sound signal processor for 
generating the sound signal of a broadband and an approach, and a list. 
[0002] 

[Description of the Prior Art] The band of the telephone line is as narrow as 300-3400kHz, and the frequency band of the sound signal sent 
through the telephone line Is restricted. For this reason, the tone quality of the conventional analog telephone line can seldom be said to be 
fitness. Moreover, there is dissatisfaction also about the tone quality of a digital cellular phone. 

[0003] Then, speech bandwidth Is extended by the receiver side and the system which aimed at the improvement of tone quality is proposed 
variously. The narrow-band code book with which the parameter of the narrow-band sound signal beforehand acquired from the pattern of two 
or more sound signals in this was stored as a code vector, The broadband code book with which the parameter of the wideband voice signal 
acquired from the pattern of the same sound signal as this was beforehand stored as a code vector is prepared. By a narrow-band code book's 
analyzing an input signal, and synthesizing voice using a broadband code book based on this analysis result, speech bandwidth is extended and 
the system which improved tone quality is proposed. 

[0004] That is, a frequency band is restricted [ as shown in drawing 6 , ] when transmitting a sound signal through a transmission line like the 
telephonejine, and the sound signal from transmission side 101 minds a transmission line 102. For example, even if there is about 7000Hz of 
frequency bands of the sound signal from transmission side 101 from 300Hz, the frequency band of the sound signal sent to receiver side 103 is 
restricted to about 3400Hz from 300Hz by minding a transmission line 102. 

[0005] Then, as showri in drawing 7 , the narrow-band code book 105 with which the parameter of the narrow-band sound signal beforehand 
acquired from the pattern of two or more sound signals was stored as a code vector, and the broadband code book 106 with which the 
parameter of the wideband voice signal with which it was obtained from the pattern of the same sound signal corresponding to the narrow-band 
code book 105 was beforehand stored as a code vector are prepared. 

[0006] In addition, code books 105 and 106 divide the sound signal of the same broadband into the frame of predetermined die length, for 
example, form the pattern of two or more sound signals, and are created by analyzing spectrum envelopment for every frame. Namely, the 
sound signal of a broadband is used for code book creation time, and the sound signal of this broadband is divided into it for every 
predetermined frame. The spectrum envelopment information when analyzing the sound signal of this broadband with a broadband is stored in 
the broadband code book 106 as a code vector. The spectrum envelopment Information when band-limiting the sound signal of a broadband to 
300-3400HZ, and analyzing it is stored in the narrow-band code book 105 as a code vector. 

[0007] As spectrum envelopment information stored in the narrow-band code book 105 and the broadband code book 106, LPC KEPUTORAMU 
is used conventionally. LPC KEPUTORAMU is KEPUTORAMU by linear predictor coefficients, is shown by the following formulas, and is made and 
called for. 
[Equation 1] 

p 

[0008] In drawing 7 , the sound signal of the narrow-band sent to receiver side 103 from transmission side 101 through a transmission line 102 
is first sent to the analysis circuit 104. An input sound signal is divided for every predetermined frame, and spectrum envelopment is called for 
in the analysis circuit 104. The output of the analysis circuit 104 is sent to the narrow-band code book 105. With the narrow-band code book 
105, the spectrum envelopment analyzed in the analysis circuit 104 is compared with the spectrum envelopment information stored in the 
narrow-band code book 105, and matching processing is performed. And the output of the narrow-band code book 105 is sent to the broadband 
code book 106, and the spectmm envelopment information which matches most in the narrow-band code book 105, and the spectrum 
envelopment information on a broadband that it corresponds are read from the broadband code book 106. , 
[0009] This broadband spectrum envelopment information is sent to the synthetic circuit 107. A sound signal is compounded in the synthetic 
circuit 107 using the spectrum envelopment information on the broadband read from the broadband code book 106. Since this compounded 
sound signal is compounded using the broadband code book 106, it turns into a sound signal of a broadband. 



[ODIO] 

[ProblemGs) to be Solved by the Invention] As mentioned above, in the conventional speech bandwidth escape system, LPC KEPLTTORAMU Is 
' used efs a code book vector. Moreover, the noise and the pulse train are used as a source of excitation at the time of compounding a sound 
signal, however, the case where the distortion on audibility and a quantization error use the linear scale of a match comparatively In LPC 
KEPUTORAMU a logarithm -- since a scale is used, the small part of energy is thought as Important and the error in the large part of energy 
becomes large. In order to use for such a speech bandwidth escape system, on audibility, it is desirable to suppress distortion by the vowel part J 
as much as possible. Therefore, LPC KEPUTORAMU cannot necessarily be said to be the optimal thing. Moreover, although the thing possible 
nearest to the LPC remainder of a broadband must be good about the source of excitation, the conventional method using a noise and a pulse ) 
train is far from this. ( 
[0011] Then, it is possible [ it ] to compound a wideband voice signal by LPC composition, using what carried out the rise sample of the LPC 
remainder as a source of excitation, using an autocorrelation as a code book vector, an autocorrelation a logarithm -- since it is not a scale, it 
is thought that distortion by the vowel part is improved. However, If the sound signal of a broadband is formed by LPC composition, using what 
carried out the rise sample of the LPC remainder as a source of excitation, using an autocorrelation as a code book vector, especially, a fricative 
and the affricate will run short and the problem of becoming an unclear sound will arise. It is thought that this originates in the lack of power of 
the source of excitation as a seed although It is raised to a cause that prediction of spectrum envelopment is not enough, either. 
[0012] That is. In the case of a fricative and the affricate, prediction by LPC composition is performed comparatively well, and the power of the 
remainder becomes small. However, wideband voice of prediction is inadequate and the power of the remainder does not become small. For this 
reason, in case the band of a fricative and the affricate is extended, remainder power must also be large equally with it. However, since the 
remainder is predicted and created from the narrow-band remainder, power is not large enough. For this reason, in the case of a fricative and ] 
the affricate, the power of the source of excitation runs short. , ( 

[0013] Therefore, in case the purpose of this invention extends speech bandwidth, it is to provide with speech bandwidth growth equipment ] 
and an approach the sound signal processor which enabled it to reproduce a fricative and the affricate clearly and an approach, and a list. ' 
[0014] 

[Means for Solving the Problem] After this invention analyzes an input sound signal and performs signal processing to the analyzed sound 
signal, it is a sound signal processor characterized by to carry out as [ have / an affricate detection means detect the fricative and affricate of an 
input sound signal in the sound signal processor which compounded the sound signal, and a boost means give a boost to the source of 
excitation when a fricative and the affricate are detected ]. 

[0015] Moreover, an analysis means by which this invention asks for the parameter of an autocorrelation from an input narrow-band sound 
signal. The source means forming of excitation which asks for the source of excitation from the LPC remainder of an input nan-ow-band sound 
signal. The narrow-band code book with which the parameter of the autocorrelation of the narrow-band sound signal beforehand acquired from 
the pattern of two or more sound signals was stored. The broadband code book with which the parameter of the autocorrelation of the 
wideband voice signal beforehand acquired from the pattern of two or more sound signals was stored corresponding to the narrow-band code 
book. An affricate detection means to detect a fricative and the affricate, and a boost means to give a boost to the source of excitation when a 
fricative and the affricate are detected, A matching means to compare the parameter of the autocorrelation of the sound signal of an input 
narrow-band with the parameter of the autocorrelation of the input narrow-band sound signal stored in the narrow-band code book, and to 
search the optimal parameter, Based on the retrieval result in a matching means, the parameter which corresponds out of the parameter of the 
autocorrelation of the wideband voice signal stored in the broadband code book is read. It is speech bandwidth growth equipment characterized 
by having a synthetic means to compound an output wideband voice signal based on this read parameter and source of excitation. 
[0016] In this invention, an affricate detection means detects a fricative and the affricate using the value of the autocon-elation of an input 
sound signal, and the value of frame power. 

[0017] Thus, if it is made ** which gives a boost to the source of excitation when [ which detects a fricative and the affricate ] affricate 
detection is carried out and a fricative and the affricate are detected, the lack of power in the case of a fricative or the affricate is improved, and 
a fricative and the affricate can be reproduced cleariy. 
[0018] 

[Embodiment of the Invention] Hereafter, the gestalt of implementation of this invention Is explained with reference to a drawing. Drawing 1 
shows an example of the speech bandwidth escape system by which this invention was applied. In drawing 1 , the narrow-band sound signal 
whose sampling frequency a frequency band is 8kHz in 300Hz - 3400Hz is supplied to an input terminal 1. This narrow-band sound signal is 
supplied to the rise sample circuit 3 while it is supplied to the LPC (Linear Predictive Coding) analysis filter 2. 

[0019] The rise sample circuit 3 is for carrying out the rise sample of the sampling frequency to 16kHz from 8kHz. The output of the rise sample 
circuit 3 Is supplied to an adder circuit 5 through the band pass filter 4 of a 300Hz - 3400Hz passband. The path leading to this rise sample 
circuit 3, a band pass filter 4, and an adder circuit 5 is a path for adding the signal of the component of the original frequency band to the sound 
signal of a high region from which it synthesized voice, as explained later. . 
[0020] The LPC analysis filter 2 frame-izes the narrow-band sound signal from an input terminal 1, and performs 10th LPC analysis. The 10th 
autocorrelation Is obtained In process of LPC analysis. This autocorrelation is sent to the affricate detector 7 while it is sent to the narrow-band 
code book 6. Moreover, the LPC remainder searched for with the LPC analysis filter 2 is sent to the rise sample circuit 8. 
[0021] The rise sample of the LPC remainder of the voice of a harrow-band is carried out by the rise sample circuit 8. The output of the rise 
sample circuit 8 is sent to the LPC composition filter 11 through a low pass filter 9 and boost circuit 10 **. The signal which carried out the rise 
sample of this LPC remainder, and oppressed the high region Is used as a source of excitation at the time of compounding a sound signal so 
that it may explain later. The boost circuit 10 is for boosting the source of excitation, when the affricate and a fricative are detected, and the \ 
amount of boosts of the boost circuit 10 is controlled by the output of the affricate detector 7. 1 
[0022] The 10th autocorrelation information on the narrow-band sound signal beforehand acquired from the pattern of two or more sound 
signals is stored in the narrow-band code book 6 as a code vector. With the narrow-band code book 6, the autocon-elation obtained from the 
LPC analysis filter 2 is compared with the autocorrelation information stored in the narrow-band code book 6, and matching processing Is 
performed. And the index of the autocorrelation information which matches most is sent to the broadband code book 12. 
[0023] Corresponding to the narrow-band code book 6, the 20th autocorrelation information on the wideband voice signal acquired from the I 
sound signal of the same pattern as the time of creating the narrow-band code book 6 Is stored in tiie broadband code book 12 as a code 1 
vector. If the autocorrelation information which matches most witii tiie narrow-band code book 6 is judged, tills index will be sent to the 
broadband code book 12, and the autocorrelation information on tiie broadband corresponding to ttie autocorrelation information on tiie I 
narrow-band judged to match most with the broadband code book 12 will be read. ' 



[Cf024] An autocorrelation is the parameter of a time domain, is the following, and is made and called for. 
[Equation.2] 

f=0 



[0025] Using the wideband voice signal whose sampling frequency is 16kHz and which is 0-8000kHz, the broadband code book 12 is the 
following, and Is made and created. That Is, this wideband voice signal Is divided into 20m frame in every second of advance for die-length 32 m 
seconds, and the creation time of the broadband code book 12 is asked for the 20th autocorrelation with each frame. A 8-bit code book is 
created by the GLA (General Lloyd Algorithm) algorithm using this. Let this be the broadband code book 4. Here, the frame number encoded by 
the i-th code vector of a broadband code book is Al(ed). 

[0026] The narrow-band code book 6 is the same sound signal as having created the broadband code book 12, and a sampling frequency Is 
created using what was restricted to 300Hz - 3400Hz In a frequency band by BkHz. It is divided into a frame at the time of day as the time of 
creating the broadband code book 12 when the sound signal restricted to this narrow-band is the same, and the 10th autocorrelation is called 
for with each frame. And the center of gravity of the narrow-band autocorrelation of the frame belonging to a frame number Ai Is searched for, 
and it is made to make it correspond to the broadband autocorrelation of the broadband code book of a frame number Ai by making the vector 
into the i-th code vector of the code book of a narrow-band. 

[0027] In drawing 1 , the autocorrelation information on the broadband read from the broadband code book 12 is sent to the autocorrelation- 
linear-predictor-coefficients conversion circuit 13. Conversion to linear predictor coefficients from an autocorrelation is performed by the 
autocorrelation-linear-predictor-coefficients conversion circuit 13. These linear predictor coefficients are sent to the LPC composition filter 11. 
[0028] The rise sample of the LPC remainder from the LPC analysis filter 2 Is carried out in the rise sample circuit 8, distortion is generated in 
the LPC composition filter 11 by return, and the signal which oppressed the high region side through the low pass filter 9 is supplied to it. With 
the LPC composition filter 11, the rise sample of this LPC remainder is carried out, and LPC composition is performed by the linear predictor 
coefficients from the autocorrelation-linear-predictor-coefficients conversion circuit section 13, using what oppressed the distorted high region 
side by return as a source of excitation. Thereby, the sound signal of a 300Hz - 7000Hz broadband is compounded. 

[0029] The sound signal compounded with the LPC composition filter 11 is supplied to a band stop filter 14. A band stop filter 14 removes the 
signal component of the frequency band of an input narrow-band sound signal. By the band stop filter 14, the 300Hz - 3400Hz signal 
component contained in the sound signal of the original narrow-band is removed out of the sound signal of a broadband with a frequency of 
300Hz - 7000Hz compounded with the LPC composition filter 11. The output of this band stop filter 14 is supplied to an adder circuit 5. 
[0030] In an adder circuit 5, the component of the sound signal of the narrow-band of origin with a frequency [ through the rise sample circuit 
3 and a band pass filter 4 ] of 300Hz - 3400Hz and the component of the sound signal with a frequency [ through a band stop filter 14 ] of 
3400Hz - 7000Hz from which it synthesized voice are added. Thereby, the digital sound signal whose sampling frequency a frequency band Is 
16kHz in 300-7000Hz is acquired. This digital sound signal is outputted from an output terminal 15. 

[0031] Thus, in the speech bandwidth growth equipment to which this invention was applied, an input narrow-band sound signal is analyzed 
using the narrow-bandxode book 6, and the sound signal of a broadband Is compounded using the broadband code book 12. And an 
autocorrelation is used as information on a code book, rather than LPC KEPUTORAMU uses as spectrum envelopment Information and ******** 
generally uses LPC KEPUTORAMU conventionally as a result of an experiment ~ a logarithm ~ it is because it turned out that it Is more desirable 
on audibility to use the autocorrelation which is not a scale, this ~ LPC KEPUTORAMU ~ a logarithm ~ since the scale is used - the small 
consonant of power -- in a part. It is thought that it is because the error in the large vowel part of power becomes large relatively although an 
error becomes small. 

[0032] And in the speech bandwidth escape system to which this invention was applied, as a source of excitation, the rise sample of the LPC 
remainder is carried out, distortion is generated by return, and what oppressed the distorted high region side by return is used. If it does in this 
way, since original audio power and harmonic structure are saved, engine performance sufficient as a source of excitation is obtained. 
[0033] Thus, the sound signal of a 300Hz - 7000Hz good broadband is acquired from the LPC composition filter 11 by carrying out the rise 
sample of the LPC remainder, using as a source of thing excitation which oppressed the distorted high region side by return, using an 
autocorrelation as information on code books 6 and 12, and compounding a sound signal. 

[0034] Thus, the sound signal of the broadband obtained from the LPC composition filter 11 also includes the signal of the frequency 
component of the original band, and if the output signal of the LPC composition filter 11 is used as it is in order that distortion may attain to the 
frequency component of the original band by these processings, the distorted effect of the frequency component of the original band will arise. 
[0035] Then, by the band stop filter 14, from the output of the LPC composition filter 11, the frequency component of the band of the origin of 
300Hz - 3400Hz is removed, and it is carrying out as [ add / the component of the sound signal of the origin of 300Hz - 3400Hz taken out 
through the band pass filter 4, and the component of the 3400Hz - 7000Hz sound signal compounded with the LPC composition filter 11 ]. 
[0036] In addition, in distance count of code book creation time, it may be made to perform weighting processing so that the weight of high 
order data may become small. That is, in the narrow-band code book 6, weight from the 1st order to the 3rd order is set to "1", weight is set to 
"0" in the degree beyond it, weight from the 1st order to the 6th order Is set to "1" in the broadband code book 12, and weight is set to "0" in 
the degree beyond it. If it does In this way, it not only can perform saving of memory space, but reappearance of a rough spectral envelope will 
be thought as important as a property of an autocorrelation parameter, and more quality voice will be obtained. 

[0037] By the way, if the sound signal of a broadband Is formed by LPC composition by making into the source of excitation what carried out 
the rise sample of the LPC remainder, and oppressed the high region in this way, using an autocorrelation as a code vector, especially, a 
fricative and the affricate will run short and it will become an unclear sound. It is thought that this originates mainly in the lack of power of the 
source of excitation although it is raised to a cause that prediction of spectrum envelopment is not enough, either. ' 



[0038] So, in the system to which this invention was applied, the affricate detector 7 which detects a fricative and the affricate, and the boost 
circuit lO^hich boosts all the bands of the source of excitation or some bands when a fricative and the affricate are detected are formed. The 
■ 10th afutocorrelation called for with the LPC analysis filter 2 is supplied to the affricate detector 7. It is detected whether in the affricate detector 
7, a fricative and the affricate were inputted among this 10th autocorrelation using zero-order frame power, the primary autocorrelation, and 
the secondary autocorrelation. When a fricative and the affricate are detected in the affricate detector 7, all the bands of the source of 
excitation or some bands are boosted by the boost circuit 10. 

[0039] That Is, the case of a vowel, and in the case of affricate [ a fricative or ], as a result of analyzing the autocorrelation of an input sound 
signal, it turned out that the following differences are in the physical relationship of a zero-order autocorrelation, i.e., frame power, the primary 
autocorrelation, and the secondar/ autocorrelation. That is, when RO and the primary autocorrelation are made into Rl and the secondary 
autocorrelation R2, as zero-oVder frame power Is shown in drawing 2 , when an input sound signal is a vowel, the zero-order frame power RO, 
the primary autocorrelation Rl, and the secondary autocorrelation R2 are located in a line on an abbreviation straight line. On the other hand, 
as shown in drawing 3 , in the case of a fricative or the affricate, the physical relationship of the zero-order frame power RO, the primary 
autocorrelation Rl, and the secondary autocorrelation R2 turns into relation which Is located In a line convex. If it judges from this whether the 
physical relationship of Rl and the secondary autocorrelation R2 is located [ power / zero-order / frame ] in a line convex in RO and the primary 
autocorrelation, detection of a fricative or the affricate can be performed. 

[0040] When satisfied with the system to which this Invention was applied using this of the following conditions, it Is judged that they are a 
fricative and the affricate. 
[0041] Conditions (1) 

When RO is more than constant value, Rl Is more than constant value and R1/R2 are below constant value. It is judged that they are a fricative 
and the affricate. 

[0042] Conditions (2) j 
In R'sO being below constant value more than constant value, and R'sl being below constant value and being 1-R1>R1-R2, it judges that they | 
are a fricative and an explosive sound. | 
[0043] Conditions (3) 

In R'sO being below constant value more than constant value, and (Rl-dc) /'s (RO-dc's) being below constant value and being 1-R1>R1-R2, it 
judges that they are a fricative and an explosive sound. In addition, dc is a fixed value for every frame band. 

[0044] When it.is judged according to conditions (1) or conditions (2) that they are a fricative and the affricate, lOdB of sources of excitation is 
boosted, for example. Moreover, when it is judged according to conditions (3) that they are a fricative and the affricate, 5dB of sources of 
excitation is boosted, for example. 

[0045] Moreover, if the source of excitation is boosted In an Instant when the above conditions are fulfilled, a sound will change suddenly and 
sense of incongruity will be given. Then, he is made to carry out smoothing of the boost of the source of excitation for every frame, and is 
trying for change of a boost of the source of excitation not to be noticeable as the source of excitation does not change rapidly. 
[0046] It is clear by experiment that the speech bandwidth escape of a good property is performed by the speech bandwidth escape system by 
which this invention was applied. That is, drawing 4 shows the experimental result when performing the bandwidth escape of a sound signal 
using the speech bandwidth escape system by which this invention was applied. Drawing 4 A Is the spectrum Fig. of the sound signal of the 
broadband used as the source. The sound signal used as this source shall be band-limited as shown In drawing 4 B, and the speech bandwidth 
escape system by which this invention was applied shall perform a bandwidth escape. Drawing 4 C is the sound signal acquired by performing 
the bandwidth escape of this signal. If drawing 4 A Is compared with drawing 4 C, the speech bandwidth escape system by which this invention 
was applied shows that the bandwidth escape of a sound signal was able to be performed in a remarlcable precision. 
[0047] In addition, this invention can be used for the tone-quality Improvement of the telephone line of an analog, and a tone-quality 
improvement of a digital cellular phone. Especially, in the digital cellular phone, VSELP and PSI-CELP are used as a modulation technique. In 
VSELP or PSI-CELP, since linear predictor coefficients and the source of excitation are used, such information can be used in the case of the LPC 
analysis and LPC composition In a speech bandwidth escape system. 

[0048] That is, drawing 5 shows the example of application in a digital cellular phone. As shown in drawing 5 , in a digital cellular phone, a i 
parameter equivalent to the source of excitation, linear-predictor-coefficients alphal -alphalO, or this is sent. This source of excitation is 
supplied to an Input terminal 21, and linear predictor coefficients are supplied to an input terminal 22. The source of excitation from an input 
terminal 21 is sent to the rise sample circuit 24 while it is sent to the LPC composition filter 23. The auto correlation coefficient from an input 
terminal 22 is sent to the LPC composition filter 23. 

[0049] With the LPC composition filter 23, based on the source of excitation from an Input terminal 21, the linear predictor coefficients from an 
input terminal 22 are used, and a sound signal Is compounded. The sound signal compounded with the LPC composition filter 23 is supplied to 
the rise sample circuit 25. 

[0050] The rise sample circuit 25 is for carrying out the rise sample of the sampling frequency. The output of the rise sample circuit 25 is 
supplied to an adder circuit 27 through a band pass filter 26. The path leading to this rise sample circuit 25, a band pass filter 26, and an adder 
circuit 27 is a path for adding to the sound signal which had the signal of the component of the original frequency band compounded. 
[0051] Moreover, linear predictor coefficients are sent to the linear-predictor-coefficients-autocorrelation conversion circuit 28 from the LPC 
composition filter 23. The linear-predictor-coefficients-autocorrelation conversion circuit 28 changes linear predictor coefficients into an 
autocorrelation. This autocorrelation is sent to the affricate detector 30 while it is sent to the narrow-band code book 29. 
[0052] Moreover, the source of excitation from an input terminal 21 is sent to the rise sample circuit 24. The output of the rise sample circuit 24 
is sent to the LPC composition filter 33 through a low pass filter 31 and the boost circuit 32. The boost circuit 32 is for boosting the source of 
excitation, when the affricate and a fricative are detected, and the amount of boosts of the boost circuit 32 is controlled by the output of the 
affricate detector 30. 

[0053] The autocorrelation information on the narrow-band sound signal beforehand acquired from the pattern of two or more sound signals is 
stored in the narrow-band code book 29 as a code vector. With the narrow-band code book 29, the autocorrelation from the linear-predictor- 
coefficients-autocorrelation conversion circuit 28 is compared with the autocorrelation Information stored In the narrow-band code book 29, and 
matching processing is performed. And the index of the autocorrelation information which matches most is sent to the broadband code book 34. 

[0054] Corresponding to the narrow-band code book 29, the autocorrelation information on the wideband voice signal acquired from the sound 
signal of the same pattern as the time of creating the narrow-band code book 29 Is stored in the broadband code book 34 as a code vector. If 
the autocorrelation information which matches most with the narrow-band code book 29 Is judged, this Index will be sent to the broadband code 



book 34, and the autocorrelation information on the broadband con'esponding to the autocorrelation information on the narrow-band judged to 
match most with the broadband code book 34 will be read. 
, . ' [0055] The autocorrelation information on the broadband read from the broadband code book 34 Is sent to the autocorrelation-linear-predictor- 
coefficlents conversion circuit 35. Conversion to linear predictor coefficients from an autocorrelation is performed by the autocorrelation-linear- 
predictor-coefficients conversion circuit 35. These linear predictor coefficients are sent to the LPC composition filter 33. 
[0056] LPC composition is performed by the LPC composition filter 33. Thereby, the sound signal of a broadband Is compounded. The sound 
signal compounded with the LPC composition filter 33 is supplied to a band stop filter 36. The output of a band stop filter 36 is supplied to an 
adder circuit 27. 

[0057] In an adder circuit 27, the rise sample circuit 25 and a band pass filter 26 are minded, and the component of the sound signal of the 

original narrow-band and the component of the sound signal through a band stop filter 36 of a high region from which it synthesized voice are 

added. Thereby, the sound signal of a broadband is acquired. This sound signal is outputted from an output terminal 37. 

[0058] Thus, in the cellular-phone system using VSELP and PSI-CELP as a modulation technique, since linear predictor coefficients and the 

source of excitation are sent, it can do [ extending speech bandwidth or ] using such information. 

[0059] 

[Effect of the Invention] When [ which detects a fricative and the affricate ] affricate detection is carried out and a fricative and the affricate are 
detected, he is tr/ing to give a boost to the source of excitation, in case according to this Invention LPC composition of the input sound signal is 
carried out and bandwidth is extended. For this reason, the lack of power when a fricative and the affricate are inputted is improved, and a 
fricative and the affricate can be reproduced clearly. 
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TECHNICAL FIELD 



[Held of the Invention] This invention relates to bandwidth growth equipment and an approach by minding transmission lines, such as the 
telephone line, from the sound signal with which the frequency band is restricted to the narrow-band at the sound signal processor for 
generating the sound signal of a broadband and an approach, and a list. 
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PRIOR ART 



[Description of the Prior Art] The band of the telephone line is as narrow as 300-3400kHz, and the frequency band of the sound signal sent 
through the telephone line is restricted. For this reason, the tone quality of the conventional analog telephone line can seldom be said to be 
fitness. Moreover, there is dissatisfaction also about the tone quality of a digital cellular phone. 

[0003] Then, speech bandwidth is extended by the receiver side and the system which aimed at the improvement of tone quality is proposed 
variously. The narrow-band code book with which the parameter of the narrow-band sound signal beforehand acquired from the pattern of two 
or more sound signals in this was stored as a code vector, The broadband code book with which the parameter of the wideband voice signal 
acquired from the pattern of the same sound signal as this was beforehand stored as a code vector is prepared. By a narrow-band code book's 
analyzing an input signal, and synthesizing voice using a broadband code book based on this analysis result, speech bandwidth is extended and 
the system which improved tone quality is proposed. 

[0004] That is, a frequency band is restricted [ as shown in drawing 6 , ] when transmitting a sound signal through a transmission line like the 
telephone line, and the sound signal from transmission side 101 minds a transmission line 102. For example, even if there is about 7000Hz of 
frequency bands of the sound signal from transmission side 101 from 300Hz, the frequency band of the sound signal sent to receiver side 103 is 
restricted to about 3400Hz from 300Hz by minding a transmission line 102. 

[0005] Then, as shown in drawing 7 , the narrow-band code book 105 with which the parameter of the narrow-band sound signal beforehand 
acquired from the pattern of two or more sound signals was stored as a code vector, and the broadband code book 106 with which the 
parameter of the wideband voice signal with which it was obtained from the pattern of the same sound signal corresponding to the narrow-band 
code book 105 was beforehand stored as a code vector are prepared. 

[0006] In addition, code books 105 and 106 divide the sound signal of the same broadband into the frame of predetermined die length, for 
example, form the pattern of two or more sound signals, and are created by analyzing spectrum envelopment for every frame. Namely, the 
sound signal of a broadband is used for code book creation time, and the sound signal of this broadband is divided into it for every 
predetermined frame. The spectmm envelopment information when analyzing the sound signal of this broadband with a broadband Is stored in 
the broadband code book 106 as a code vector. The spectrum envelopment Information when band-limiting the sound signal of a broadband to 
300-3400HZ, and analyzing it is stored in the narrow-band code book 105 as a code vector. 

[0007] As spectrum envelopment information stored in the narrow-band code book 105 and the broadband code book 106, LPC KEPUTORAMU 
is used conventionally. LPC KEPUTORAMU is KEPUTORAMU by linear predictor coefficients, is shown by the following formulas, and is made and 
called for. 
[Equation 1] 

[0008] In drawing 7 , the sound signal of the narrow-band sent to receiver side 103 from transmission side 101 through a transmission line 102 
is first sent to the analysis circuit 104. An input sound signal is divided for ever/ predetermined frame, and spectrum envelopment is called for 
in the analysis circuit 104. The output of the analysis circuit 104 is sent to the narrow-band code book 105. With the narrow-band code book 
105, the spectrum envelopment analyzed in the analysis circuit 104 is compared with the spectrum envelopment information stored in the 
narrow-band code book 105, and matching processing is performed. And the output of the narrow-band code book 105 is sent to the broadband 
code book 106, and the spectrum envelopment information which matches most in the narrow-band code book 105, and the spectrum 
envelopment information on a broadband that it corresponds are read from the broadband code book 106. 

[0009] This broadband spectrum envelopment information is sent to the synthetic circuit 107. A sound signal is compounded In the synthetic 
circuit 107 using the spectrum envelopment information on the broadband read from the broadband code book 106. Since this compounded 
sound signal is compounded using the broadband code book 106, it turns into a sound signal of a broadband. 
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EFFECT OF THE INVENTION 



[Effect of the Invention] When [ which detects a fricative and the affricate ] affricate detection Is carried out and a fricative and the affricate are 
detected, he Is trying to give a boost to the source of excitation, In case according to this invention LPC composition of the Input sound signal is 
carried out and bandwidth is extended. For this reason, the lack of power when a fricative and the affricate are inputted is Improved, and a 
fricative and the affricate can be reproduced clearly. 
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TECHNICAL PROBLEI^ 



[Problem(s) to be Solved by the Invention] As mentioned above, in the conventional speech bandwidth escape system, LPC KEPUTORAMU is 
used as a code book vector. Moreover, the noise and the pulse train are used as a source of excitation at the time of compounding a sound 
signal, however, the case where the distortion on audibility and a quantization error use the linear scale of a match comparatively in LPC 
KEPUTORAMU - a logarithm -- since a scale is used, the small part of energy is thought as important and the error in the large part of energy 
becomes large. In order to use for such a speech bandwidth escape system, on audibility, it is desirable to suppress distortion by the vowel part 
as much as possible. Therefore, LPC KEPUTORAMU cannot necessarily be said to be the optimal thing. Moreover, although the thing possible 
nearest to the LPC remainder of a broadband must be good about the source of excitation, the conventional method using a noise and a pulse 
train is far from this. 

[0011] Then, it is possible [ it ] to compound a wideband voice signal by LPC composition, using what carried out the rise sample of the LPC 
remainder as a source of excitation, using an autocorrelation as a code book vector, an autocorrelation -- a logarithm -- since it is not a scale, it 
is thought that distortion by the vowel part is improved. However, if the sound signal of a broadband is formed by LPC composition, using what 
carried out the rise sample of the LPC remainder as a source of excitation, using an autocorrelation as a code book vector, especially, a fricative 
and the affricate will run short and the problem of becoming an unclear sound will arise. It is thought that this originates in the lack of power of 
the source of excitation as a seed although it is raised to a cause that prediction of spectrum envelopment is not enough, either. 
[0012] That is, in the case of a fricative and the affricate, prediction by LPC composition is performed comparatively well, and the power of the 
remainder becomes small. However, wideband voice of prediction is inadequate and the power of the remainder does not become small. For this 
reason, in case the band of a fricative and the affricate is extended, remainder power must also be large equally with it. However, since the 
remainder is predicted and created from the narrow -band remainder, power is not large enough. For this reason, in the case of a fricative and 
the affricate, the power of the source of excitation runs short. 

[0013] Therefore, in case the purpose of this invention extends speech bandwidth, it is to provide with speech bandwidth growth equipment 
and an approach the sound signal processor which enabled it to reproduce a fricative and the affricate cleariy and an approach, and a list. 
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MEANS 



[Means for Solving the Problem] After this Invention analyzes an input sound signal and performs signal processing to the analyzed sound 
signal, it is a sound signal processor characterized by to carr/ out as [ have / an affricate detection means detect the fricative and affricate of an 
input sound signal In the sound signal processor which compounded the sound signal, and a boost means give a boost to the source of 
excitation when a fricative and the affricate are detected ]. 

[0015] Moreover, an analysis means by which this Invention asks for the parameter of an autocorrelation from an input nan-ow-band sound 
signal. The source means forming of excitation which asks for the source of excitation from the LPC remainder of an input narrow-band sound 
signal. The narrow-band code book with which the parameter of the autocorrelation of the narrow-band sound signal beforehand acquired from 
the pattern of two or more sound signals was stored, The broadband code book with which the parameter of the autocorrelation of the 
wideband voice signal beforehand acquired from the pattern of two or more sound signals was stored corresponding to the narrow-band code 
book. An affricate detection means to detect a fricative and the affricate, and a boost means to give a boost to the source of excitation when a 
fricative and the affricate are detected, A matching means to compare the parameter of the autocorrelation of the sound signal of an Input 
narrow-band with the parameter of the autocorrelation of the input narrow-band sound signal stored in the narrow-band code book, and to 
search the optimal parameter. Based on the retrieval result in a matching means, the parameter which corresponds out of the parameter of the 
autocorrelation of the wideband voice signal stored in the broadband code book is read. It is speech bandwidth growth equipment characterized 
by having a synthetic means to compound an output wideband voice signal based on this read parameter and source of excitation. i 
[0016] In this invention, an affricate detection means detects a fricative and the affricate using the value of the autocon-elation of an input 
sound signal, and the value of frame power. I 
[0017] Thus, if it is made ** which gives a boost to the source of excitation when [ which detects a fricative and the affricate ] affricate 
detection is carried out and a fricative and the affricate are detected, the lack of power in the case of a fricative or the affricate is improved, and 
a fricative and the affricate can be reproduced cleariy. 
[0018] 

[Embodiment of the Invention] Hereafter, the gestalt of implementation of this invention is explained with reference to a drawing. Drawing 1 
shows an example of the speech bandwidth escape system by which this invention was applied. In drawing 1 , the narrow-band sound signal 
whose sampling frequency a frequency band is 8kHz in 300Hz - 3400Hz is supplied to an input terminal 1. This narrow-band sound signal is 
supplied to the rise sample circuit 3 while it is supplied to the LPC (Linear Predictive Coding) analysis filter 2. 

[0019] The rise sample circuit 3 is for carrying out the rise sample of the sampling frequency to 16kHz from 8kHz. The output of the rise sample 
circuit 3 is supplied to an adder circuit 5 through the band pass filter 4 of a 300Hz - 3400Hz passband. The path leading to this rise sample 
circuit 3, a band pass filter 4, and an adder circuit 5 is a path for adding the signal of the component of the original frequency band to the sound 
signal of a high region from which it synthesized voice, as explained later. 

[0020] The LPC analysis filter 2 frame-izes the narrow-band sound signal from an input terminal 1, and performs 10th LPC analysis. The 10th 
autocorrelation is obtained in process of LPC analysis. This autocorrelation is sent to the affricate detector 7 while it is sent to the nSrrow-band 
code book 6. Moreover, the LPC remainder searched for with the LPC analysis filter 2 is sent to the rise sample circuit 8. 
[0021] The rise sample of the LPC remainder of the voice of a narrow-band is carried out by the rise sample circuit 8. The output of the rise 
sample circuit 8 is sent to the LPC composition filter 11 through a low pass filter 9 and boost circuit 10 **. The signal which carried out the rise 
sample of this LPC remainder, and oppressed the high region is used as a source of excitation at the time of compounding a sound signal so 
that it may explain later. The boost circuit 10 is for boosting the source of excitation, when the affricate and a fricative are detected, and the 
amount of boosts of the boost circuit 10 is controlled by the output of the affricate detector 7. 

[0022] The 10th autocorrelation information on the narrow-band sound signal beforehand acquired from the pattern of two or more sound 

signals is stored in the narrow-band code book 6 as a code vector. With the narrow-band code book 6, the autocorrelation obtained from the 

LPC analysis filter 2 is compared with the autocorrelation information stored in the narrow-band code book 6, and matching processing is 

performed. And the index of the autocorrelation information which matches most is sent to the broadband code book 12. 

[0023] Corresponding to the narrow-band code book 6, the 20th autocorrelation information on the wideband voice signal acquired from the 

sound signal of the same pattern as the time of creating the narrow-band code book 6 is stored in the broadband code book 12 as a code 

vector. If the autocorrelation information which matches most with the narrow-band code book 6 is judged, this index will be sent to the 

broadband code book 12, and the autocorrelation information on the broadband corresponding to the autocorrelation information on the 

narrow-band judged to match most with the broadband code book 12 will be read. 

[0024] An autocorrelation is the parameter of a time domain, is the following, and is made and called for. 

[Equation 2] 



u :>V-1-T 
' r=0 



[0025] Using the wideband voice signal whiose sampling frequency is 16kHz and which is 0-8000lcHz, the broadband code book 12 is the 
following, and is made and created. That is, this wideband voice signal is divided into 20m frame in every second of advance for die-length 32 m 
seconds, and the creation time of the broadband code book 12 is asked for the 20th autocorrelation with each frame. A 8-bit code book is 
created by the GLA (General Lloyd Algorithm) algorithm using this. Let this be the broadband code book 4. Here, the frame number encoded by 
the i-th code vector of a broadband code book is Ai(ed). 

[0026] TTie narrow-band code book 6 is the same sound signal as having created the broadband code book 12, and a sampling frequency is 
created using what was restricted to 300Hz - 3400Hz in a frequency band by 8kHz. It is divided into a frame at the time of day as the time of 
creating the broadband code book 12 when the sound signal restricted to this narrow-band is the same, and the 10th autocorrelation is called 
for with each frame. And the center of gravity of the narrow-band autocorrelation of the frame belonging to a frame number Ai is searched for, 
and it is made to make it correspond to the broadband autocorrelation of the broadband code book of a frame number Ai by making the vector 
into the i-th code vector of the code book of a narrow-band. 

[0027] In drawing 1 , the autocorrelation information on the broadband read from the broadband code book 12 is sent to the autocorrelation- 
linear-predictor-coefficients conversion circuit 13. Conversion to linear predictor coefficients from an autocorrelation is performed by the 
autocorrelation-linear-predictor-coefficients conversion circuit 13. These linear predictor coefficients are sent to the LPC composition filter 11. 
[0028] The rise sample of the LPC remainder from the LPC analysis filter 2 is carried out in the rise sample circuit 8, distortion is generated in 
the LPC composition filter 11 by return, and the signal which oppressed the high region side through the low pass filter 9 is supplied to it. With 
the LPC composition filter 11, the rise sample of this LPC remainder is carried out, and LPC composition Is performed by the linear predictor 
coefficients from the autocorrelation-linear-predictor-coefficients conversion circuit section 13, using what oppressed the distorted high region 
side by return as a source of excitation. Thereby, the sound signal of a 300Hz - 7000Hz broadband is compounded. 

[0029] The sound signal compounded with the LPC composition filter 11 is supplied to a band stop filter 14, A band stop filter 14 removes the 
signal component of the frequency band of an input narrow-band sound signal. By the band stop filter 14, the 300H2 - 3400Hz signal 
component contained in the sound signal of the original narrow-band is removed out of the sound signal of a broadband with a frequency of 
300Hz - 7000Hz compounded with the LPC composition filter 11. The output of this band stop filter 14 is supplied to an adder circuit 5. 
[0030] In an adder circuit 5, the component of the sound signal of the narrow-band of origin with a frequency [ through the rise sample circuit 
3 and a band pass filter 4 ] of 300Hz - 3400Hz and the component of the sound signal with a frequency [ through a band stop filter 14 ] of 
3400Hz - 7000Hz from which it synthesized voice are added. Thereby, the digital sound signal whose sampling frequency a frequency band is 
16kH2 in 300-7000Hz is acquired. This digital sound signal is outputted from an output terminal 15. 

[0031] Thus, in the speech bandwidth growth equipment to which this invention was applied, an input narrow-band sound signal Is analyzed 
using the narrow-band code book 6, and the sound signal of a broadband is compounded using the broadband code book 12. And an 
autocorrelation is used as information on a code book, rather than LPC KEPUTORAMU uses as spectrum envelopment Information and ******** 
generally uses LPC KEPLTTORAMU conventionally as a result of an experiment - a logarithm - it is because it turned out that it is more desirable 
on audibility to use the autocorrelation which Is not a scale, this ~ LPC KEPUTORAMU a logarithm -- since the scale is used ~ the small 
consonant of power - in a part, it is thought that it is because the error in the large vowel part of power becomes large relatively although an 
error becomes small. 

[0032] And in the speech bandwidth escape system to which this invention was applied, as a source of excitation, the rise sample of the LPC 
remainder is carried out, distortion is generated by return, and what oppressed the distorted high region side by return is used. If It does in this 
way, since original audio power and harmonic structure are saved, engine performance sufficient as a source of excitation is obtained. 
[0033] Thus, the sound signal of a 300Hz - 7000Hz good broadband is acquired from the LPC composition filter 11 by carrying out the rise 
sample of the LPC remainder, using as a source of thing excitation which oppressed the distorted high region side by return, using an 
autocorrelation as information on code books 6 and 12, and compounding a sound signal. 

[0034] Thus, the sound signal of the broadband obtained from the LPC composition filter 11 also includes the signal of the frequency 
component of the original band, and if the output signal of the LPC composition filter 11 is used as it is in order that distortion may attain to the 
frequency component of the original band by these processings, the distorted effect of the frequency component of the original band will arise. 
[0035] Then, by the band stop filter 14, from the output of the LPC composition filter 11, the frequency component of the band of the origin of 
300Hz - 3400Hz is removed, and it is carr/ing out as [ add / the component of the sound signal of the origin of 300Hz - 3400Hz taken out 
through the band pass filter 4, and the component of the 3400Hz - 7000Hz sound signal compounded with the LPC composition filter 11 ]. 
[0036] In addition, in distance count of code book creation time, it may be made to perform weighting processing so that the weight of high 
order data may become small. That is, in the narrow-band code book 6, weight from the 1st order to the 3rd order Is set to "1", weight is set to 
"0" in the degree beyond it, weight from the 1st order to the 6th order is set to "1" in the broadband code book 12, and weight is set to "0" in 
the degree beyond it. If it does in this way, it not only can perform saving of memory space, but reappearance of a rough spectral envelope will 
be thought as important as a property of an autocorrelation parameter, and more quality voice will be obtained. 

[0037] By the way, if the sound signal of a broadband is formed by LPC composition by making into the source of excitation what carried out 
the rise sample of the LPC remainder, and oppressed the high region in this way, using an autocorrelation as a code vector, especially, a 
fricative and the affricate will run short and it will become an unclear sound. It is thought that this originates mainly in the lack of power of the 
source of excitation although it is raised to a cause that prediction of spectrum envelopment is not enough, either. 

[0038] So, in the system to which this invention was applied, the affricate detector 7 which detects a fricative and the affricate, and the boost 
circuit 10 which boosts all the bands of the source of excitation or some bands when a fricative and the affricate are detected are formed. The 



10th autocorrelation called for with the LPC analysis filter 2 is supplied to the affricate detector 7. It is detected whether in the affricate detector 
7, a fricative and the affricate were Inputted among this 10th autocorrelation using zero-order frame power, the primary autocorrelation, and 
' the secondary autocorrelation. When a fricative and the affricate are detected in the affricate detector 7, all the bands of the source of 
excitation or some bands are boosted by the boost circuit 10. 

[0039] That is, the case of a vowel, and in the case of affricate [ a fricative or ], as a result of analyzing the autocorrelation of an input sound 
signal, it turned out that the following differences are In the physical relationship of a zero-order autocorrelation, i.e., frame power, the primary 
autocorrelation, and the secondary autocorrelation. That is, when RO and the primary autocorrelation are made into Rl and the secondary 
autocorrelation R2, as zero-order frame power is shown in drawing 2 , when an input sound signal is a vowel, the zero-order frame power RO, 
the primary autocorrelation Rl, and the secondary autocorrelation R2 are located in a line on an abbreviation straight line. On the other hand, 
as shown in drawing 3 , in the case of a fricative or the affricate, the physical relationship of the zero-order frame power RO, the primary 
autocorrelation Rl, and the secondary autocorrelation R2 turns into relation which is located in a line convex. If it judges from this whether the 
physical relationship of Rl and the secondary autocorrelation R2 is located [ power / zero-order / frame ] in a line convex in RO and the primary 
autocorrelation, detection of a fricative or the affricate can be performed. 

[0040] When satisfied with the system to which this invention was applied using this of the following conditions, it is judged that they are a 
fricative and the affricate. 
[0041] Conditions (1) 

When RO is more than constant value, Rl is more than constant value and R1/R2 are below constant value, it is judged that they are a fricative 
and the affricate. 
[0042] Conditions (2) 

In R'sO being below constant value more than constant value, and R'sl being below constant value and being 1-R1>R1-R2, it judges that they 
are a fricative and an explosive sound. 
[0043] Conditions (3) 

In R'sO being below constant value more than constant value, and (Rl-dc) /'s (RO-dc's) being below constant value and being 1-R1>R1-R2, it 
judges that they are a fricative and an explosive sound. In addition, dc is a fixed value for every frame band. 

[0044] When it is judged according to conditions (1) or conditions (2) that they are a fricative and the affricate, lOdB of sources of excitation is 
boosted, for example. Moreover, when it is judged according to conditions (3) that they are a fricative and the affricate, 5dB of sources of 
excitation is boosted, for example. 

[0045] Moreover, if the source of excitation is boosted in an instant when the above conditions are fulfilled, a sound will change suddenly and 
sense of incongruity will be given. Then, he is made to carry out smoothing of the boost of the source of excitation for every frame, and is 
trying for change of a boost of the source of excitation not to be noticeable as the source of excitation does not change rapidly. 
[0046] It is clear by experiment that the speech bandwidth escape of a good property is performed by the speech bandwidth escape system by 
which this invention was applied. That is, drawing 4 shows the experimental result when performing the bandwidth escape of a sound signal 
using the speech bandwidth escape system by which this invention was applied. Drawing 4 A Is the spectrum Fig. of the sound signal of the 
broadband used as the source. The sound signal used as this source shall be band-limited as shown in drawing 4 B, and the speech bandwidth 
escape system by which this invention was applied shall peri'orm a bandwidth escape. Drawing 4 C is the sound signal acquired by performing 
the bandwidth escape of this signal. If drawing 4 A is compared with drawing 4 C, the speech bandwidth escape system by which this invention 
was applied shows that the bandwidth escape of a sound signal was able to be performed in a remarkable precision. 
[0047] In addition, this invention can be used for the tone-quality improvement of the telephone line of an analog, and a tone-quality 
improvement of a digital cellular phone. Especially, in the digital cellular phone, VSELP and PSI-CELP are used as a modulation technique. In 
VSELP or PSI-CELP, since linear predictor coefficients and the source of excitation are used, such information can be used in the case of the LPC 
analysis and LPC composition in a speech bandwidth escape system. 

[0048] That is, drawing 5 shows the example of application in a digital cellular phone. As shown in drawing 5 , in a digital cellular phone, a 
parameter equivalent to the source of excitation, linear-predictor-coefficients alphal -alphalO, or this is sent. This source of excitation is 
supplied to an input terminal 21, and linear predictor coefficients are supplied to an input terminal 22. The source of excitation from an input 
terminal 21 is sent to the rise sample circuit 24 while it is sent to the LPC composition filter 23. The auto correlation coefficient from an input 
terminal 22 is sent to the LPC composition filter 23. 

[0049] With the LPC composition filter 23, based on the source of excitation from an input terminal 21, the linear predictor coefficients from an 
input terminal 22 are used, and a sound signal is compounded. The sound signal compounded with the LPC composition filter 23 is supplied to 
the rise sample circuit 25. 

[0050] The rise sample circuit 25 is for carrying out the rise sample of the sampling frequency. The output of the rise sample circuit 25 is 
supplied to an adder circuit 27 through a band pass filter 26. The path leading to this rise sample circuit 25, a band pass filter 26, and an adder 
circuit 27 is a path for adding to the sound signal which had the signal of the component of the original frequency band compounded. 
[0051] Moreover, linear predictor coefficients are sent to the linear-predictor-coefficients-autocorrelation conversion circuit 28 from the LPC 
composition filter 23. The linear-predictor-coefficients-autocorrelation conversion circuit 28 changes linear predictor coefficients into an 
autocorrelation. This autocorrelation is sent to the affricate detector 30 while it is sent to the narrow-band code book 29. 
[0052] Moreover, the source of excitation from an input terminal 21 is sent to the rise sample circuit 24. The output of the rise sample circuit 24 
is sent to the LPC composition filter 33 through a low pass filter 31 and the boost circuit 32. The boost circuit 32 is for boosting the source of 
excitation, when the affricate and a fricative are detected, and the amount of boosts of the boost circuit 32 is controlled by the output of the 
affricate detector 30. 

[0053] The autocorrelation information on the narrow-band sound signal beforehand acquired from the pattern of two or more sound signals is 
stored in the narrow-band code book 29 as a code vector. With the narrow-band code book 29, the autocorrelation from the linear-predictor- 
coefficients-autocorrelation conversion circuit 28 is compared with the autocorrelation information stored in tiie narrow-band code book 29, and 
matching processing is performed. And the index of the autocorrelation information which matches most is sent to the broadband code book 34. 

[0054] Corresponding to the narrow-band code book 29, the autocorrelation information on the wideband voice signal acquired from the sound 
signal of the same pattern as the time of creating the narrow-band code book 29 is stored in the broadband code book 34 as a code vector. If 
the autocorrelation Information which matches most with the narrow-band code book 29 is judged, this index will be sent to the broadband code 
book 34, and the autocorrelation information on the broadband corresponding to the autocorrelation information on the narrow-band judged to 
match most with the broadband code book 34 will be read. 



[0055] The autocorrelation information on the broadband read from the broadband code book 34 is sent to the autocorrelation-linear-predlctor- 
coefficienj^s conversion circuit 35. Conversion to linear predictor coefficients from an autocorrelation is performed by the autocorrelation-linear- 
'predidtor-coefficlents conversion circuit 35, These linear predictor coefficients are sent to the LPC composition filter 33. 
[0056] LPC composition is performed by the LPC composition filter 33. Thereby, the sound signal of a broadband is compounded. The sound 
signal compounded with the LPC composition filter 33 is supplied to a band stop filter 36. The output of a band stop filter 36 is supplied to an 
adder circuit 27. 

[0057] In an adder circuit 27, the rise sample circuit 25 and a band pass filter 26 are minded, and the component of the sound signal of the 
original narrow-band and the component of the sound signal through a band stop filter 36 of a high region from which it synthesized voice are 
added. Thereby, the sound signal of a broadband is acquired. This sound signal is outputted from an output terminal 37. 
[0058] Thus, in the cellular-phone system using VSELP and PSI-CELP as a modulation technique, since linear predictor coefficients and the 
source of excitation are sent, it can do [ extending speech bandwidth or ] using such information. 
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DESCRIPTION OF DRAWINGS 



[Brief Description of the Drawings] 

[Drawinc 11 It is the block diagram showing the speech bandwidth escape structure of a system to which this invention was applied. 
rPrawinq 21 It is the graph used for explanation of the speech bandwidth escape system by which this invention was applied. 
rDrawInq 31 It is the graph used for explanation of the speech bandwidth escape system by which this invention was applied. 
FDrawinq 41 It is the spectrum Fig. used for explanation of the effectiveness of a speech bandwidth escape system that this invention was 
applied. 

[Drawing 51 It is the block diagram showing an example when this invention is applied to a cellular phone. 

[Drawing 61 It is the block diagram used for explanation of the voice transmission route to which a frequency band Is restricted. 

("Drawing 71 It is the block diagram used for explanation of the conventional speech bandwidth escape system. 

[Description of Notations] 

2 [ ... An LPC composition filter, 12 / ... Broadband code book ] ... An LPC analysis filter, 6 ... A narrow-band code book, 7 ... An affricate 
detector, 11 
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